Introduction
The target of the room acoustics analysis is to inspect the behavior of the sound field in enclosed rooms, aiming to show guidelines that help in the design of environments that meet the different acoustic requirements related to the purpose for which they are intended, which are quite variable and difficult to generalize (Rossing, 2007; Henrique, 2009) .
In order for a room to have a satisfactory acoustic quality, it is essential that it meets certain performance requirements with regard to sound insulation, avoiding the transmission of noise both from outside, and inside the building itself and from the treatment of the sound in the interior of the room, aiming to adapt the constructive characteristics of enclosed spaces that demand satisfactory communication conditions, such as classrooms, theatres, concert halls, speech rooms and multipurpose auditoriums so that the distribution of sound inside the room reaches a satisfactory quality for its use (Long, 2006; Brandão, 2016; Ricciardi & Buratti, 2018) .
Concerning the treatment of the sound inside the room, it is important to emphasize that rooms designed for speech need a higher level of intelligibility and short reverberation time. Therefore, its shape must be designed to minimize source-receiver distance, its volume must be small and absorption materials must be applied throughout the room, as well as geometric elements that direct the early reflections to the audience to support the direct sound. Concert halls must have a higher volume and a shape that provides strong lateral reflections, with rough, corrugated surfaces that give sound diffusion, distributing the sound evenly throughout the room and ensuring a denser reverberant field, making the audience feel surrounded by sound and valuing subjective aspects of musical sounds such as their texture and tonal quality (Long, 2006; Rossing, 2007; Barron, 2010) . Leopoldo. BRAZIL E-mail: mgonzalez@unisinos.br As the listening experience of the individuals in a room is subjective and is related to the taste and auditory training of each listener, it becomes necessary to use metrics that aim to quantify the subjective effects that the sound filed gives and these are expressed through objective acoustic parameters (Beranek, 2004; Brandão, 2016; Ricciardi and Buratti, 2018 (Beranek, 2004; Rossing, 2007; Vorländer, 2007 (Barron, 2010; Brandão, 2016) .
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There are several studies about acoustic aspects on auditorium spaces, including field measurements (RudnoRudziński and Dziechciński, 2006; Kahle, 2013; Groendyke and Gipson, 2015; Jeon et al., 2015; Witew and Vorländer, 2016; Navvab and Heilmann, 2017; Ricciardi and Buratti, 2018) , modelling or calculation (Garrido, et al., 2012; Mak and Wang, 2015; Wenmaekers et al., 2017) , design or redesign (Ortega and Rivera, 2013; Brill et al., 2014; Coffeen, 2014; Szeląg and Flaga, 2015; Alam et al., 2016; Ortiz, 2016; Jambrošić et al., 2016; Lu et al., 2016; Barron and Kissner, 2017; Guthrie et al., 2017; Mahalingam, 2017) history and concepts (Adelman-Larsen, 2014; Mourjopoulos, 2016) The aim of this study is to presents the evaluation of the acoustic quality of a multiple use auditorium placed in a University Campus in São Leopoldo, southern Brazil.
Method
The method to evaluate the acoustic quality of the Padre Werner auditorium adopted in the present case study consisted firstly in the measurement of the reverberation time of the unoccupied room through the interrupted noise method, following the guidelines of ISO 3382-1:2009 Figure 1 ).
Measurements procedure
Since the Padre Werner auditorium is used as a multiple use auditorium, it was decided to analyze its acoustic quality for both speech activities and musical performances. 
Acoustic Simulation
The computational simulations of the acoustic performance of the auditorium was developed with the CATT-Acoustics software. The simulation process consists on the implantation of a three-dimensional virtual model of the room in the program (Figure 3) , assigning the surfaces (including walls, ceilings, floors, stage, doors, windows, audience, furniture, and others) (Henrique, 2009; Barron, 2010 
Early Decay Time (EDT)
The EDT is defined by the time, in seconds, necessary to occur a decrease of 10 dB in the sound level after ceasing the emission of the sound source, multiplied by a factor of 6 so that it is possible to make direct comparisons with the values of the reverberation time (Beranek, 2004) . The EDT is related to the subjective impression of how the source signal is influenced by the reverberation and its best values follow the same criteria as the reverberation time (Barron, 2010) .
Definition (D50)
The D50 is the parameter that shows the ratio of the sound energy that reaches the receiver to 5 ms after the direct sound and the total energy emitted. The sound reflections that reach the receiver within this period are considered beneficial because they enhance the direct sound. The D50 is used to evaluate speech intelligibility. Values greater than 0.5 (50%) are considered acceptable and show that the first reflections carry most of the energy contained in the impulse response (Brandão, 2016) . (Brandão, 2016) . Optimum values for orchestral music should be between -2 dB and +2 dB (Barron, 2010) .
Clarity (C80)

It is a parameter like the D50, but considers the ratio between acoustic energy before, and after 80 ms. The C80 is very influential in rooms intended for music reproduction, as it shows the balance between the clarity with which the sound is received and the reverberation of the environment. The recommended values for this parameter depend especially on the type of music to which the room is intended, and the higher the value (in dB), the less reverberant the room is
Speech Transmission Index (STI)
The (Vorländer, 2007) .
STI is an index that is directly linked to the intelligibility of speech. This parameter considers the influence of the background noise and the reverberation of the environment to evaluate how distorted the sound signal reaches the receiver in relation to the original signal, causing interference in the speech comprehension, where 1 is the ideal greatest value and the lower values show a reduction in intelligibility
Results and discussion
A total of 30 measurements (5 for each group of seats)
were performed for each position of the sound source (1 and 2), totaling 60 measurements (Figure 2) . The measurements were performed by the interrupted noise method with the unoccupied room. The temperature inside the auditorium at the time measurements were taken was 27,6 C and the relative humidity of the air was 61%. The flat spectrum signal (white noise) was emitted by the sound source until the room reached a steady state of operation and then the source was turned off and the microphone coupled to the analyzer measured the decay of the sound energy (Figure 4) . Figure 8 (a) shows the solutions applied to improve quality for musical performances and Figure 8 (b) the moving elements used to adapt the room for speech activities.
The collected data was transferred from the analyzer to the computer via Bruel & Kjaer software BZ-5503 and then transferred to the Reverberation Time software. Then they were calculated the parameters related to the reverberation time (T20, T30 and EDT). The first parameter to be analyzed was the reverberation time (Figure 5). The results obtained through the measurements presented values of T30 slightly above of the recommended for speech activities, but lower that required for music in both
After the simulation of acoustic behavior of the auditorium including the proposed solutions, it is possible to see that the reverberation time could to have a considerable increase in the mid and low frequencies, reaching 1.5s in the 500Hz band (Figure 9 ). The behavior of the curve as a function of the frequencies also improved with a gradual increase in the low frequencies and cutting the decrease in the 250Hz band caused by the air gap over the main liner. 
Conclusions
